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1.	  Introduction	  Multiband	  compressors	  or	  dynamic	  equalizers	  are	  widely	  used	  in	  audio	  production.	  Their	  use	  can	  be	  beneficial	  if	  used	  properly	  or	  severely	  detrimental	  if	  it	  is	  not.	  Their	  use	  in	  recent	  years	  has	  even	  been	  the	  subject	  of	  controversy	  for	  their	  role	  in	  the	  ‘loudness	  wars’.	  They	  have	  helped	  the	  recording	  industry	  master	  musical	  content	  in	  such	  a	  way	  that	  it’s	  apparent	  perceived	  loudness	  is	  greater	  than	  content	  with	  a	  great	  dynamic	  range.	  The	  merits	  of	  this	  kind	  of	  processing	  presents	  a	  heated	  debate	  amongst	  audio	  engineers	  and	  musicians	  globally.	  One	  of	  the	  main	  advantages	  of	  multiband	  compression	  can	  be	  their	  ability	  to	  control	  a	  loud	  peak	  occurring	  in	  one	  particular	  band	  without	  causing	  the	  ‘pumping’	  or	  ‘breathing’	  effect	  that	  a	  broadband	  compressor	  might.	  Their	  uses	  aside,	  there	  are	  a	  number	  of	  issues	  around	  their	  design	  in	  both	  the	  digital	  and	  analog	  domains.	  One	  particular	  issue	  that	  this	  paper	  will	  explore	  is	  the	  magnitude	  peaking	  issue	  that	  can	  occur	  at	  the	  crossover	  points	  between	  compression	  bands,	  it’s	  significance	  and	  a	  possible	  way	  to	  fix	  it.	  
2.	  Problem	  A	  multiband	  compressor	  is	  made	  up	  of	  three	  main	  parts.	  They	  are	  a	  series	  of	  band	  limiting	  filters,	  a	  compressor	  for	  each	  filtered	  signal	  and	  a	  summing	  point	  where	  the	  compressed	  signals	  are	  combined	  back	  together.	  See	  figure	  1.	  	  
	  
Fig.	  1	  
	  These	  filters	  could	  be	  any	  of	  a	  number	  of	  designs	  such	  as	  Butterworth	  or	  Linkwitz-­‐
Riley.	  See	  figure	  2	  for	  a	  typical	  design	  structure.	  This	  figure	  shows	  a	  three	  band	  filter	  system	  utilising	  lowpass,	  highpass	  and	  bandpass	  filters.	  At	  each	  of	  the	  crossover	  points	  between	  filters	  there	  is	  a	  6dB	  attenuation	  point	  where	  the	  two	  filters	  cross	  over.	  This	  -­‐6dB	  point	  is	  the	  point	  where	  problem	  manifest	  itself.	  	  
	  
Fig.	  2	  
	  Drawing	  on	  the	  work	  of	  (VICKERS,	  Earl,	  
2010)	  the	  following	  is	  a	  description	  of	  that	  problem.	  Any	  signal	  that	  falls	  exactly	  at	  the	  crossover	  point	  is	  going	  to	  be	  fed	  to	  each	  of	  the	  respective	  band	  limited	  compressors	  at	  a	  level	  6dB	  lower	  than	  signal	  falling	  at	  the	  centre	  of	  a	  band.	  If	  both	  compression	  bands	  have	  a	  threshold	  below	  the	  magnitude	  of	  the	  input	  signal	  at	  the	  crossover	  frequency	  minus	  6dB	  and	  a	  ratio	  greater	  than	  1,	  the	  signal	  falling	  at	  the	  crossover	  frequency	  is	  going	  to	  receive	  less	  compression	  because	  there	  is	  less	  signal.	  This	  will	  intern	  create	  a	  peak	  at	  the	  crossover	  frequency	  in	  the	  system’s	  magnitude	  response.	  Mathematically	  this	  can	  be	  defined	  as	  follows.	  	   𝑌! = L + 𝑋 − 𝐿 𝑠, X > L                              𝑋,                                X ≤ L,	  	   𝐺! = 𝑌! − 𝑋 = max 𝑋 − 𝐿, 0 𝑠 − 1 ,	  	   𝑌! = L + 𝐹 + 𝑋 − 𝐿 𝑠, F + X > L                              𝑋,                                                F + X ≤ L,	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𝐺! = 𝑌! − (𝐹 + 𝑋)= max 𝐹 + 𝑋 − 𝐿, 0 𝑠− 1 ,	  	   𝑌! = 20𝑙𝑜𝑔!" 2 ∙ 10!!!" ,	  	   𝑑 = 𝑌! − 𝑌! = 6 + 𝑠𝐹	  	  Where:	  𝑌! 	  =	  Output	  RMS	  Level	  at	  the	  centre	  of	  a	  band	  𝐿	  =	  Compression	  Threshold  𝑋=	  Input	  RMS	  Level  𝑠	  =	  Slope	  or	  !!  𝑅	  =	  Compression	  Ratio  𝐺! 	  =	  Compression	  gain	  at	  the	  centre	  of	  a	  band  𝑌!	  =	  Output	  RMS	  Level	  at	  the	  crossover	  frequency  𝐹	  =	  Filter	  gain	  (-­‐6dB)  𝐺!	  =	  Compression	  gain	  at	  the	  crossover	  frequency  𝑌!	  =	  RMS	  Sum	  of	  two	  bands  𝑑	  =	  Gain	  difference	  between	  centre	  of	  band	  and	  crossover	  frequency	  	  From	  this	  series	  of	  equations	  we	  can	  easily	  use	  the	  last	  to	  show	  that	  if	  a	  system	  has	  a	  compression	  ratio	  of	  3	  and	  a	  filter	  gain	  of	  -­‐6dB,	  the	  level	  at	  the	  crossover	  frequency	  would	  be	  4	  dB	  higher	  than	  that	  at	  the	  centre	  of	  the	  band,	  providing	  the	  input	  signal	  had	  a	  higher	  RMS	  level	  than	  the	  compression	  threshold.	  	   𝑑 = 6 + 13 ∙ 6 = 4  𝑑𝐵  	  
3.	  Evidence	  In	  order	  to	  demonstrate	  this	  problem	  I	  decided	  to	  run	  some	  tests	  on	  a	  commercially	  available	  multiband	  compressor	  DAW	  plugin,	  Izotope	  Ozone	  (Figure	  3).	  This	  plugin	  is	  actually	  a	  complete	  mastering	  tool	  that	  has	  many	  components	  that	  can	  be	  bypassed	  manually.	  In	  this	  case	  I	  only	  enable	  the	  multiband	  compression	  component.	  I	  left	  the	  crossover	  frequencies	  between	  the	  four	  bands	  in	  their	  default	  position	  of	  120Hz,	  2KHz	  and	  10Khz.	  	  	  
	  
Fig.	  3	  
	  Using	  an	  exponential	  swept	  sine	  wave	  from	  20Hz	  to	  20KHz	  as	  stimulus	  I	  took	  a	  number	  of	  measurements	  of	  the	  plugin	  in	  different	  states.	  Using	  MATLAB	  to	  write	  a	  short	  script	  to	  convolve	  the	  response	  with	  the	  inverse	  of	  the	  original	  signal	  I	  then	  generated	  the	  magnitude	  response	  of	  the	  transfer	  function	  of	  the	  system	  for	  each	  measurement.	  This	  was	  achieved	  using	  ‘fvtool’	  with	  a	  1024	  FFT	  points	  in	  order	  to	  smooth	  the	  output.	  The	  magnitude	  response	  of	  the	  plugin	  in	  a	  bypassed	  state	  can	  be	  seen	  in	  figure	  4.	  	  
	  
Fig.	  4	  	  From	  this	  figure	  we	  can	  see	  that	  the	  system	  frequency	  response	  is	  essentially	  flat.	  The	  sharp	  rolloff	  in	  the	  low	  end	  can	  be	  explained	  by	  the	  use	  of	  a	  high	  number	  of	  FFT	  points.	  A	  lower	  number	  would	  show	  a	  smoother	  roll	  off,	  but	  would	  cause	  the	  loss	  of	  detail	  in	  the	  higher	  frequencies.	  The	  small	  amount	  of	  high	  frequency	  distortion	  visible	  could	  possibility	  be	  general	  system	  noise.	  	  Next	  I	  enabled	  the	  plugin	  but	  left	  the	  threshold	  and	  gain	  at	  0,	  essentially	  meaning	  the	  signal	  passes	  through	  the	  filters	  of	  the	  system	  but	  nothing	  is	  compressed.	  See	  figure	  5.	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Fig.	  5	  
	  In	  this	  measurement	  the	  effect	  of	  the	  filters	  can	  be	  observed	  with	  a	  small	  attenuation	  at	  both	  2KHz	  and	  10KHz	  crossover	  points.	  These	  dips	  are	  expected	  due	  to	  the	  ripple	  caused	  by	  the	  filters	  when	  they	  transition	  from	  the	  passband	  to	  the	  stopband.	  The	  dip	  at	  2Khz	  is	  approximately	  -­‐0.2	  dB.	  	  The	  next	  measurement	  has	  all	  bands	  with	  a	  compression	  threshold	  of	  -­‐10	  and	  a	  ratio	  of	  3:1,	  a	  setting	  that	  can	  be	  referred	  to	  as	  “light	  compression”.	  See	  figure	  6.	  	  
	  
Fig.	  6	  With	  this	  setting	  we	  can	  see	  the	  peaks	  beginning	  to	  form,	  particularly	  at	  120Hz	  and	  2KHz	  due	  to	  the	  issue	  describe	  in	  section	  2.	  The	  signal	  that	  falls	  within	  the	  passbands	  of	  the	  filters	  is	  compressed	  while	  that	  which	  falls	  where	  the	  filters	  cross	  is	  compressed	  at	  a	  lesser	  rate.	  	  The	  last	  measurement	  keeps	  the	  same	  compression	  ratio	  of	  3:1,	  but	  reduces	  the	  threshold	  to	  -­‐30dB.	  See	  figure	  7.	  	  
	  
Fig.	  7	  
	  At	  this	  higher	  compression	  level	  we	  can	  observe	  that	  the	  entire	  signal	  is	  lower	  in	  magnitude	  and	  that	  the	  peaks	  at	  all	  three	  crossover	  frequencies	  have	  become	  more	  pronounced.	  The	  difference	  between	  peaks	  and	  troughs	  being	  around	  3-­‐4	  dB.	  	  From	  this	  exercise	  it	  can	  be	  concluded	  that	  the	  problem	  described	  in	  (VICKERS,	  Earl,	  
2010)	  is	  a	  genuine	  issue	  in	  commercial	  DSP	  implementations	  of	  multiband	  compressors.	  	  
4.	  Solution	  In	  (VICKERS,	  Earl,	  2010),	  Vickers	  proposed	  a	  solution	  that	  involves	  analyzing	  each	  sample	  of	  data	  in	  the	  frequency	  domain	  prior	  to	  compression	  in	  order	  to	  determine	  the	  points	  where	  the	  crossover	  frequencies	  should	  be.	  This	  involves	  using	  the	  Short	  Term	  Fourier	  transform	  (STFT)	  to	  analyze	  the	  sample	  and	  look	  at	  the	  magnitude	  of	  the	  FFT	  bins	  around	  the	  crossover	  points.	  The	  hypothesis	  suggests	  looking	  for	  two	  peaks	  near	  the	  crossover	  point	  and	  then	  finding	  the	  lowest	  point	  between	  the	  two	  peaks.	  The	  FFT	  bin	  that	  represents	  the	  lowest	  point	  becomes	  the	  new	  crossover	  frequency	  for	  that	  sample.	  This	  method	  was	  influenced	  by	  work	  from	  (LAROCHE,	  Jean	  and	  Dolson,	  
Mark,	  1999).	  
	  
Fig.	  8	  (VICKERS,	  Earl,	  2010)	  
	  Figure	  8	  shows	  a	  short	  FFT	  of	  a	  sample	  of	  the	  input.	  Each	  blue	  dot	  represents	  the	  centre	  of	  an	  FFT	  bin.	  The	  small	  circles	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original boundaries, circled, were at FFT bins 10 and 
42. After performing the adjustment, the first boundary 
is now between bins 11 and 12, grouping middle bin 11 
(exac ly halfway between peak l cations 9 and 13) with 
its largest immediate neighbor, 10. The second 
boundary is now between 40 and 41, since the average 
of peak locations 38 and 43 is 40.5. 
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Figure 6  Example of band boundary adjustment. 
Boundary 1 moves from bin 10 to 11.5;  
boundary 2 moves from bin 42 to 40.5. 
After selecting the peaks and dividing up the frequency 
axis, we allocate the energy of the in-between bins to 
the appropriate bands. As a result, almost all of a 
sinusoid’s energy will be associated with a single 
compressor band instead of being divided between two 
bands due to spectral splatter. Therefore, the compressor 
band will see nearly the full energy of the sinusoid, 
allowing computation of the correct amount of 
compressor gain.  
Note that when applying each band’s computed 
compressor gain to the individual FFT bins, we have to 
remember where we drew the dividing line between the 
bands, so the gain will be applied to the correct bins. 
The dividing line between bands may vary from one 
STFT frame to the next, but this generally does not 
cause significant artifacts, probably due to the fact that 
the axis is always divided at frequencies where the 
magnitude is lowest. Any low-level artifacts could 
possibly be minimized by using hysteresis to keep bins 
from jumping back and forth unnecessarily between 
bands. 
Also, note that the analysis of regions of influence 
generally only needs to be performed near the 
compressor band edges. This reduces the computational 
cost of operations such as selecting spectral peaks. 
A summary of the proposed algorithm is as follows: 
 
for each band boundary 
 lowerPeak = first peak below the boundary 
 upperPeak = first peak above the boundary 
 if there are upper and lower peaks 
  boundary = 0.5 * (lowerPeak + upperPeak) 
  if boundary is an integer 
   move it halfway toward the smaller neighbor 
  end 
 else // no upper and/or lower peaks 
  if no lower peak 
   extend this band back to the previous boundary 
  else // no upper peak 
   extend this band up to the next boundary 
  end 
 end 
end 
Figure 7 shows the input and output of a three-band 
compressor using the proposed solution. The peak at the 
upper breakpoint is almost completely gone, but there is 
still a peak of about 1 dB at the lower breakpoint (500 
Hz) due to splatter beyond the two adjacent FFT bins. It 
is possible that a more sophisticated algorithm could 
further reduce the remaining ripple. 
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Figure 7  Magnitude responses of an input sine sweep 
(upper curve, bold blue) and the output of a  
three-band compressor with crossovers at  
500 and 2000 Hz, using the proposed boundary 
adjustment algorithm (lower curve, red). 
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around	  the	  dots	  at	  bin	  10	  and	  bin	  42	  are	  where	  the	  crossovers	  would	  usually	  fall.	  The	  intersecting	  lines	  at	  bin	  11	  and	  41	  are	  the	  low	  magnitude	  points	  between	  the	  peaks	  at	  bin	  9	  and	  13,	  38	  and	  43.	  	  By	  moving	  the	  crossover	  points	  to	  frequencies	  where	  the	  least	  amount	  of	  energy	  occurs	  we	  can	  reduce	  the	  effect	  of	  the	  peaking	  by	  putting	  the	  lowest	  magnitude	  point	  at	  the	  point	  of	  peaking.	  	  This	  method	  unfortunately	  has	  a	  number	  of	  practical	  issues	  around	  the	  implementation.	  The	  computational	  overhead	  of	  performing	  an	  FFT,	  then	  shifting	  the	  parameters	  of	  each	  filter	  for	  every	  sample	  has	  the	  potential	  to	  be	  very	  high.	  This	  could	  be	  reduced	  by	  improving	  the	  efficiency	  of	  the	  algorithm	  so	  that	  the	  FFT	  is	  only	  performed	  on	  the	  frequency	  ranges	  near	  the	  crossover	  points.	  This	  could	  possibly	  be	  achieved	  by	  first	  filtering	  the	  signal	  before	  the	  FFT,	  then	  finely	  tuning	  the	  number	  of	  FFT	  points	  for	  the	  frequency	  band	  being	  analyzed.	  Further	  efficiencies	  could	  be	  achieved	  by	  pre	  designing	  filters	  for	  every	  potential	  combination	  of	  filters	  so	  there	  was	  no	  need	  to	  create	  new	  ones	  for	  each	  sample,	  the	  algorithm	  simple	  calls	  the	  required	  filters	  from	  a	  predefined	  array.	  This	  also	  means	  that	  the	  stability	  of	  the	  filters	  is	  guaranteed.	  Another	  potential	  issue	  is	  the	  generating	  of	  artifacts	  from	  the	  continuous	  changing	  of	  the	  crossover	  frequency.	  (VICKERS,	  Earl,	  
2010)	  suggests	  that	  the	  potential	  algorithm	  also	  includes	  some	  kind	  of	  hysteresis	  to	  prevent	  this	  from	  happening	  unnecessarily.	  	  
5.	  Commentary	  The	  issue	  of	  inconsistent	  frequency	  response	  in	  multiband	  compressor	  is	  a	  known	  one,	  but	  may	  not	  necessarily	  be	  a	  big	  issue.	  The	  particular	  problem	  explored	  in	  this	  review	  is	  most	  apparent	  when	  the	  system	  is	  under	  test	  conditions.	  These	  conditions	  could	  be	  in	  the	  form	  of	  a	  swept	  sine	  wave	  or	  when	  singular	  sinusoids	  at	  the	  crossover	  and	  centroid	  (centre	  of	  band)	  are	  compared.	  In	  reality	  the	  signal	  that	  the	  system	  will	  most	  likely	  be	  handling	  is	  complex	  program	  material.	  Due	  to	  the	  complexity	  of	  the	  content	  most	  of	  these	  response	  issues	  are	  unlikely	  to	  become	  apparent	  unless	  the	  device	  is	  used	  in	  a	  manner	  that	  forces	  it	  to	  perform	  in	  an	  unnatural	  sounding	  way.	  This	  could	  mean	  that	  high	  ratios	  and	  low	  thresholds	  are	  used	  when	  it	  isn’t	  necessary	  or	  crossover	  points	  
are	  placed	  in	  poor	  positions	  for	  the	  signal	  being	  processed.	  Like	  any	  audio	  signal	  processing,	  the	  choices	  of	  settings	  should	  not	  only	  be	  based	  on	  the	  desired	  outcome	  but	  should	  also	  take	  into	  account	  the	  limitations	  of	  the	  device.	  An	  understanding	  that	  multiband	  compressors	  behave	  in	  this	  way	  should	  be	  essential	  knowledge	  to	  any	  end	  user	  so	  that	  intelligent	  choices	  can	  be	  made	  when	  using	  them.	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